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(57) ABSTRACT

A deadline-aware network protocol is described. In an
example, data transfer at a transport layer entity of a packet-
based communication network is controlled by receiving a
request for network resources for a data flow from a network
element and allocating network resources to the data flow.
The data flow comprises a number of data packets associated
with an application, and the request comprises a factor relat-
ing to a time deadline associated with the application. The
network resources allocated depend on the factor relating to
the time deadline. In examples, the network resource can be a
bandwidth or data rate allocated to the data flow, and the
factor can be a data rate sufficient to complete the data flow
within the time deadline. In examples, the network resources
are allocated greedily, such that requests are fully satisfied
whenever possible, and the network resources are fully uti-
lized.
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DEADLINE-AWARE NETWORK PROTOCOL

BACKGROUND

As applications provided over communication networks
have evolved, so to have the demands placed on these net-
works. For many years, packet-based communication net-
works have operated using the transport control protocol
(TCP) to manage and regulate the reliable transmission of
packets from a source to a destination. In scenario with mul-
tiple flows of data sharing network resources, TCP strives to
share these network resources fairly between the flows.

Many web applications are of a “soft real-time” nature,
meaning that users are to be served in a timely fashion, for
example to meet a service level agreement (SLA). For
example, data centers are used to provide many different
types of online service or application, such as web search,
social networking, retail, advertisements, and recommenda-
tion engines. SLAs for these applications often stipulate that
requests are to be satisfied within a specified latency target,
and when the time expires, responses, irrespective of their
completeness, are shipped out from the data center. However,
the completeness of the responses directly governs their qual-
ity.

Therefore, the soft real-time nature of these web applica-
tions (e.g. as provided by datacenters), leads to deadlines
being associated with the application traffic. A network data
flow is useful, and contributes to application throughput (and
operator revenue) if, and only if, it completes within its dead-
line. Known transport protocols, given their Internet origins,
are agnostic to such flow deadlines.

The embodiments described below are not limited to
implementations which solve any or all of the disadvantages
of known transport protocols.

SUMMARY

The following presents a simplified summary of the dis-
closure in order to provide a basic understanding to the reader.
This summary is not an extensive overview of the disclosure
and it does not identify key/critical elements of the invention
or delineate the scope of the invention. Its sole purpose is to
present some concepts disclosed herein in a simplified form
as a prelude to the more detailed description that is presented
later.

A deadline-aware network protocol is described. In an
example, data transfer at a transport layer entity of a packet-
based communication network is controlled by receiving a
request for network resources for a data flow from a network
element and allocating network resources to the data flow.
The data flow comprises a number of data packets associated
with an application, and the request comprises a factor relat-
ing to a time deadline associated with the application. The
network resources allocated depend on the factor relating to
the time deadline. In examples, the network resource can be a
bandwidth or data rate allocated to the data flow, and the
factor can be a data rate sufficient to complete the data flow
within the time deadline. In examples, the network resources
are allocated greedily, such that requests are fully satisfied
whenever possible, and the network resources are fully uti-
lized.

Many of the attendant features will be more readily appre-
ciated as the same becomes better understood by reference to
the following detailed description considered in connection
with the accompanying drawings.
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2
DESCRIPTION OF THE DRAWINGS

The present description will be better understood from the
following detailed description read in light of the accompa-
nying drawings, wherein:

FIG. 1 illustrates an example communications network
passing deadline-sensitive data;

FIG. 2 illustrates examples of fair-sharing versus deadline-
aware transmission of deadline-sensitive data;

FIG. 3 illustrates a flowchart of a process for allocating
network resources based on data flow deadlines;

FIG. 4 illustrates a flowchart of a process for determining
the network resources to allocate;

FIG. 5 illustrates an example packet header for a deadline-
aware protocol;

FIG. 6 illustrates a signaling chart for an example deadline-
aware data flow;

FIG. 7 illustrates an exemplary network element in which
embodiments of the deadline-aware protocol may be imple-
mented; and

FIG. 8 illustrates an exemplary transport-layer entity in
which embodiments of the deadline-aware protocol may be
implemented
Like reference numerals are used to designate like parts in the
accompanying drawings.

DETAILED DESCRIPTION

The detailed description provided below in connection
with the appended drawings is intended as a description of the
present examples and is not intended to represent the only
forms in which the present example may be constructed or
utilized. The description sets forth the functions of the
example and the sequence of steps for constructing and oper-
ating the example. However, the same or equivalent functions
and sequences may be accomplished by different examples.

Although the present examples are described and illus-
trated herein as being implemented in a datacenter environ-
ment, the system described is provided as an example and not
a limitation. As those skilled in the art will appreciate, the
present examples are suitable for application in a variety of
different types of data networking systems. In the description
below, the term “data flow” is used to describe any transmis-
sion of data comprising a plurality of data packets.

Reference is first made to FIG. 1, which illustrates an
example communication network 100 in which deadline-sen-
sitive data may be passed. The network topology shown in
FIG. 1 is illustrative of the type of topology seen in data-
centers. However, this topology is used merely as an illustra-
tive example, and any type of network structure can be used.

The communication network 100 of FIG. 1 comprises a
plurality of end host devices. The end host devices can be any
type of source or destination device, such as servers, data
storage nodes, user terminals, processing elements, or any
other network element that can request the use of network
resources. FIG. 1 illustrates six end host devices: end host A
102; end host B 104; end host C 106; end host D 108; end host
E 110; and end host F 112. In other examples, more or fewer
end host devices can be present.

In the example of FIG. 1, each of the end host devices are
connected to a router, switch, or other networking device
arranged to control the flow of data packets. For example, end
host A 102 is connected to router 114 via communication link
116, and end host B 104 is connected to router 114 via
communication link 118. FIG. 1 also shows end host C 106
and D 108 connected to router 120 via communication link
122 and 124, respectively, and end host E 110 and F 112
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connected to router 126 via communication link 128 and 130,
respectively. The example network in FIG. 1 also shows
router 114, 120 and 126 connected to a central router 132 via
communication link 134, 136 and 138, respectively. There-
fore, in this example, any end host device can communicate
with any of the other end host devices by traversing two or
more communication links joined by one or more routers. For
example, end host A 102 can communicate with end host F
112 by sending data via router 114, 132 and 126, using com-
munication links 116, 134, 138 and 130.

In the example of a data center environment, router 114,
120 and 126 may be a top-of-rack router, and router 132 may
be a root switch. Such data centers are used for applications
such as processing web search queries, recommendation
engines, social networking services, serving advertisements,
providing real-time media services, and in grid computing.
Applications such as these (amongst others) often involve the
transmission of data flows having associated deadlines. In
alternative examples, different numbers of routers and com-
munication links can be present, in any structure or orienta-
tion.

Reference is now made to FIG. 2, which illustrate
examples of how the control of network resources in a net-
work such as that shown in FIG. 1 can affect deadline-sensi-
tive data. Consider the case that end host A 102 is transmitting
a data flow (denoted f1) to end host F 112, and end host B 104
is transmitting a data flow (denoted f2) to end host E 110. In
this scenario, communication link 134 is being used by both
data flows. If communication link 134 is acting as a bottle-
neck, then both data flows will contend for network resources
on this link.

Firstly, graph 200 illustrates a scenario in which the two
data flows are being transmitted over the bottleneck commu-
nication link 134 using a known transport layer protocol such
as TCP. In this example, data flow f1 202 has a deadline D1
204 to complete transmission, and data flow 12 206 has a
deadline of D2 208 to complete transmission. With TCP, the
resources of the communication link 134 are shared fairly and
equally between the two contending data flows. This means
that the data flows f1 and 1'2 finish at similar times. Because
the deadline D2 208 for flow 12 206 was earlier than the
deadline D1 204 for flow f1 202, data flow 12 206 does not
meet its deadline. This detriments application performance,
and also wastes valuable network resources on a non-contrib-
uting data flow.

The scenario shown in graph 200 can occur with any type
of transport layer or control protocol that aims for a fair share
of network resources. Apart from TCP, this also applies to
other protocols such as XCP and DCTCP.

Conversely, graph 210 shows the case where information
on the deadlines that apply to the data flows is taken into
account. In this case, it can be determined that data flow {2
206 has the earlier deadline and is served first, enabling the
data flow to complete before deadline D2 208, and once this
has completed data flow f1 202 is transmitted, and is able to
complete before deadline D1 204. Therefore, by exposing
information regarding the deadline of the data flows, the
network can distribute network resources such that both dead-
lines can be met.

Graph 212 of FIG. 2 illustrates a further example in which
six end hosts are attempting to concurrently transmit six data
flows 214, all having the same deadline D 216. A fair-sharing
transport protocol can result in all the data flows 214 com-
pleting at a similar time, and all of them missing the deadline.
Graph 218 illustrates this scenario, except that the transport
protocol is now deadline-aware, and has selected to quench
one of the flows, such that now five data flows 220 are trans-
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4

mitted. The deadline-aware protocol has determined that by
quenching one of the flows, the network congestion is
reduced to the point where the remaining five data flows 220
are able to finish before deadline D 216.

The illustrative examples of FIG. 2 therefore show how a
deadline-agnostic network, such as a TCP network, is not the
optimum way to transfer such data. Described herein is a
protocol that utilizes deadline information from the applica-
tion in order to improve the allocation of network resources in
such cases.

Reference is now made to FIG. 3, which illustrates a high-
level flowchart of a process for allocating network resources
based on data flow deadlines. Firstly, the source end host
sending the data flow generates 302 an initial request for
network resources, taking into account the deadline for the
data flow. The source end host determines the network
resources that are needed in order for the data flow to be able
to complete by the time the deadline expires. Note that the
deadlines are associated with the data flows, not the indi-
vidual packets within the data flows. Therefore, to meet the
deadline, all the packets within the data flow have to arrive
before the deadline expires.

For example, if the network resource in question is band-
width or data rate over the communication links, then the
source end host determines what instantaneous data rate
would enable the packets of the data flow to be transferred
before the deadline. This can be performed by calculating a
data rate given by:

&l v

Where r is the requested data rate, s is the size of the data
flow (e.g. inbits), and d is the time until expiry of the deadline.
In alternative examples, a different factor relating to the dead-
line associated with the data flow can be calculated, depend-
ing on the network resource that is being requested.

Once the request for network resources to meet the dead-
line has been generated, the end host transmits 304 the initial
resource request (optionally along with other data into the
network). As described in more detail below, the resource
request can be transmitted as part of the transport layer pro-
tocol packet header. Therefore, in this scenario, application
layer information relating to the deadline associated with a
data flow is being exposed to and used in the transport layer
protocol.

The first router in the network along from the source end
host receives 306 the resource request, and uses the resource
request to greedily allocate 308 network resources associated
with the router (e.g. bandwidth on the router’s communica-
tion link) based on the request. The term “greedily” in this
context means that the router is not aiming to share the
resources fairly between competing data flows, but is instead
allocating resources to those that data flows whose deadlines
can be satisfied.

An example allocation technique is described below with
reference to FIG. 4. The allocation of network resources
described herein has several aims. Firstly, the allocation tech-
nique aims to maximize application throughput. Only flows
that finish before their deadline contribute to application
throughput, and hence, the protocol maximizes the number of
flows that satisfy their deadlines. Secondly, the allocation
technique aims to provide high network utilization. For
example, for flows without deadlines, the protocol maximizes
network throughput and achieves high utilization. Thirdly,
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the allocation technique aims to provide burst tolerance.
Applications often generate flow bursts, and the network is
able to accommodate these.

Once the network resources have been allocated to the data
flow, the allocation is fed back 310 to the end host. The
feedback of the allocation can be directly, for example via an
acknowledgement packet. Alternatively, the feedback can
comprise amending the packet header to include the alloca-
tion, and passing the packet header (with the associated data)
onto the next downstream router in the network, such that the
allocation is eventually fed back to the end host via the
acknowledgement from the destination network element.
This process is described in more detail with reference to
FIGS. 5 and 6 below.

The end host receives 312 the allocated network resources
fed back from the router. In some examples, where several
routers are present in the path between the source end host and
the destination, each router provides an allocation, resulting
in the end host receiving a plurality of allocations. The end
host selects 314 one of these resource allocations to be the one
used to transmit the data flow. For example, the end host can
select the minimum allocation from each of the routers, as this
represents the bottleneck communication link, and hence it is
inefficient to transmit using more resources than this bottle-
neck link can provide.

An updated resource request is then generated 316 which
reflects any change in the network resources sufficient to meet
the deadline. For example, if the end host was previously
allocated fewer network resources than requested, then when
a new request is generated this will be for more network
resources. This is because time has elapsed during which an
insufficient amount of the data flow was transmitted to meet
the deadline (were the transmission to continue at this rate),
and hence more resources are needed subsequently to catch-
up and meet the deadline. Therefore, the updated resource
request is based upon the remaining size of the data flow, i.e.
how many bits/packets are currently un-transmitted and need
to be sent before the deadline expires.

The end host then transmits 318 the data flow using the
allocated resources, and also transmits the updated resource
request, for example in a packet header associated with the
data flow. In this way, the process of requesting and allocating
network resources repeats, until either the data flow transmis-
sion is completed, or the end host chooses to cease transmis-
sion (e.g. if the data flow is unable to meet the deadline due to
inadequate network resources being allocated). In one
example, the end host updates and sends requests for network
resources at every round trip time (RTT), i.e. upon receiving
every acknowledgement packet from the destination.

Reference is now made to FIG. 4, which illustrates a flow
chart of a network resource allocation process that is per-
formed by a transport-layer entity, such as one of the routers
shown in FIG. 1. In the example of FIG. 4, the network
resource to be allocated is bandwidth/data rate.

Firstly, the router receives 400 the packet header compris-
ing the requested data rate from the source end host (i.e. the
rate sufficient for the end host to complete the data flow within
the deadline). Note that if a data flow does not have a deadline
associated with it, then the requested rate is zero. It is then
determined 402 by the router whether sufficient bandwidth is
available on its associated communication link at the current
time to satisfy the requested data rate. A technique for deter-
mining the communication link capacity is described in more
detail below.

If it is determined 402 that there is sufficient bandwidth
available to satisfy the requested data rate, then, because of
the “greedy” approach to allocation, the allocation scheme
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attempts to allocate at least the requested rate. Ifthe router has
excess bandwidth after satisfying the rate requests, then this
excess capacity is distributed equally amongst all flows on the
communication link. To do this a “fair-share” value is calcu-
lated 404, where the fair-share is the portion of the spare
communication link bandwidth given to each data flow on the
link. The fair-share can be calculated from:

Where fs is the fair share value, C is the communication
link capacity, D is the current demand for bandwidth from all
flows (i.e. the sum of the requested rates for all data flows),
and N is the number of flows traversing the communication
link. The router then allocates 406 the end host the requested
rate plus the fair-share value. In other words, in the case of the
router having spare capacity on its communication link, for a
requested rate r, the allocation a=r+fs. In the case of a data
flow without a deadline, the requested rate r=0, and hence the
allocation a=fs. Assigning deadline flows with a rate greater
than their requested rate ensures that their subsequent rate
requests will be lower and the network is able to satisfy future
deadline flows. At the same time, assigning non-deadline
flows with a share ofthe spare capacity ensures that they make
progress and network utilization remains high.

The rate allocation is then added 408 to the packet header.
By inserting the allocation into the packet header, thenalist or
vector is generated comprising the allocations made by each
router as the packet header passes through the network. This
can then be ultimately fed back to the source end host, who
can select the rate to use from this vector (e.g. the minimum
as described above). The router transmits 410 (i.e. forwards)
the amended packet header to the next downstream network
element (be it a further router that adds an additional alloca-
tion to the packet header, or the destination network element).

Returning again to the determination of whether sufficient
bandwidth is available on the communication link, if it was
determined 402 that sufficient bandwidth is not available to
satisfy the rate request, then it is determined 412 whether the
bandwidth available is greater than a predefined base rate
value. The base rate value is a low data rate that is sufficient
for the end host to transmit a header-only packet, and there-
fore use this to request rates in the future, but is not sufficient
to transmit the data flow as well.

If it is determined that the available bandwidth is greater
than the base rate value (but less than the requested rate), then
the available bandwidth is allocated to the data flow. In other
words, the data flow is allocated as much bandwidth as pos-
sible, even though it is less than that requested. Conversely, if
the available bandwidth is less than or equal to the base rate
value, then the base rate is allocated to the data flow. This
allows the data flow to send future rate requests, and hence
does not prevent the data flow from continuing again at some
future point (e.g. once congestion has eased). For data flows
with a deadline, such low rate allocations cause the desired
rate to increase. The end hosts can thus decide whether to give
up on flows based on an ever increasing desired rate.

The allocated rates are then added 408 to the packet header
and the router transmits 410 the amended packet header to the
next downstream network element as described above.

In one example, the rate allocation technique described
above can be performed such that the router receives the rate
requests for all flows at the same point in time, i.e. in syn-
chronized manner. In an alternative example, the router can
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make allocation determinations in an online, dynamic setting
in which rate requests are spread over time. To achieve this,
the rate allocation scheme operates in a slotted fashion (from
the perspective of the end hosts). The rate allocated to a flow
is valid for the next RTT, after which the flow requests a rate
again.

In one example, in order to implement the allocation
scheme above in an efficient manner, the routers maintain
three aggregate counters for each communication link:

The number of flows traversing the communication link
(denoted N). Routers use flow initiation and termination
packets (such as TCP SYN/FIN packets) to increment
and decrement N respectively.

A demand counter (denoted D). This is the sum of the
requested rates for all deadline flows on the communi-
cation link. This represents the total demand imposed by
all data flows with deadlines.

An allocation counter (denoted A). This is the sum of the
allocated rates, i.e. the current total allocation.

The router also determines the current rate allocated to a
data flow requesting a rate. In one example, a router can
maintain rate allocations for each active data flow through it.
Alternatively, to avoid storing per-flow state on the routers,
the end hosts can be arranged to convey rate allocations for
each flow. For example, each rate request packet header, apart
from the including the requested rate r,, |, can comprise the
rate requested in the previous interval (r,) and a vector of the
rates allocated in the previous interval (denoted [a,]). Each
element in the vector corresponds to the rate allocated by a
router along the path in the previous interval. The encoding of
this in the rate request packet header is described in more
detail with reference to FIG. 5, below.

Given these data items, the routers can readily implement
the allocation scheme described with reference to FIG. 4. For
example, the pseudo-code given below provides an illustra-
tion ofhow a router can process a rate request packet using the
above data items to efficiently implement the allocation
scheme. This applies to both deadline and non-deadline flows
(for the latter, the requested rater,, ; is zero). In this example,
the router has received a rate request packet header compris-
ing the requested rate for the next interval r,, ;, and informa-
tion on the current interval requested rate r, and allocated rate
a,. The communication link capacity is C. The router is aim-
ing to calculate the allocated rate for the next interval a,, ;.

if (new__flow_flag set)y N=N+1
A=A-a,
D=D-r,+1,,,
left capacity =C - A
fs = (C- DYN
if left capacity >r,, | then
8y =Ty +15
else
a,,; = left capacity
: end if
11: a,,, = max(a,
12: A=A+a,,

CoeRarhwhs

—_
<

.1, Dase rate)

At line 1, the router determines whether this is a new data
flow, and if so increments the flow counter N. At line 2, the
router returns the current allocation given to the data flow a,
(provided in the vector [a,] in the packet header) to the total
allocation counter A. At line 3, the demand counter D is
updated to return the current rate request r, and add the new
rate request r,,,. The available current capacity left on the
communication link is calculated at line 4 from the difference
of the capacity C and the total allocation A. The fair share fs
is calculated at line 5.
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At line 6, if there is enough spare capacity to satisfy the
request, then the allocated rate for the next interval a,, | is
found from the sum of the request for the nextintervalr,, , and
the fair share fs, at line 7. Otherwise, at line 8 and 9, if there
is not enough spare capacity, the allocated rate for the next
interval a,, , is set to the left capacity. The allocated rate for the
next interval a,,, is set to at least the base rate at line 11.
Finally, at line 12, the total allocation counter A is updated in
view of the new allocation a,, ;.

Of note is the scenario where the router does not have
enough capacity to satisty a rate request (line 9). This can
occur in a couple of scenarios. First, the cumulative rate
requested by existing deadline flows, represented by the
demand counter D, may exceed the router capacity. In this
case, the router satisfies as many requests as possible in the
order of their arrival. In the second scenario, the demand does
not exceed the capacity but fair share (fs) allocations to exist-
ing flows imply that when the rate request arrives, there is not
enough spare capacity. However, the increased demand
causes the fair share assigned to the subsequent rate requests
to be reduced (line 5). Consequently, when the deadline flow
in question requests for a rate in the next interval, the router
may be able to satisfy the request.

Note that the allocation scheme can be implemented in any
suitable manner, which can be different to that illustrated in
the pseudo-code above.

The allocated rate given by a router to a data flow is based
on the assumption that the flow is bottlenecked at that router.
In a multi-hop network involving several routers, this may not
be true in all cases. In some examples, to account for bottle-
necks that occur earlier along the path, a router can ensure that
its allocation is not more than that of the previous router. This
information is available in the rate allocation vector being
carried in the packet header, as described below. However, the
data flow may still be bottlenecked downstream from the
router (which the router is unaware of) and hence the data
flow may not be able to utilize its allocation from that router.
In addition, the veracity of the allocation counter A main-
tained by a router depends on end hosts returning their allo-
cations. When a flow ends, the final rate request packet (e.g.
carrying the TCP FIN flag) returns the flow’s allocated rate.
Failures at the end hosts can cause this not too occur. This can
cause the router to over-estimate the allocated rate, and, as a
result, penalize the performance of active flows. Furthermore,
a burst of new flows can cause the router to temporarily
allocate more band-width than its capacity, which results in
queuing.

To account for these issues, the value for the router’s com-
munication link capacity C (i.e. total available bandwidth)
can be periodically adjusted based on observed utilization
and queuing as follows:

Clr+ 1= Cw +e{Cw - @) —ﬁ(;)

Where C(t) is the link/router capacity for time interval t, T
is the update interval, u(t) is the number of bytes sent during
time interval t, q is the instantaneous queue size, and o a and
[ are values chosen for stability and performance. In one
example, o and §§ can setto 0.1 and 1, respectively.

As aresult of this determination of the capacity, when there
is under-utilization (i.e. u (t)/T>c(1)), the router compensates
by allocating more total capacity in the next interval, while
when there is queuing (q(t)>0), the allocation of capacity
reduces. Apart from addressing the downstream bottleneck



US 9,077,670 B2

9

issue mentioned above, this ensures that the counters main-
tained by routers are “soft state”, and divergence from reality
does not substantially impact correctness. The failure of end
hosts and routers may cause flows to not return their alloca-
tion, but the resulting drop in utilization drives up the capac-
ity, and hence the allocation counters do not have to be con-
sistent with reality. The router, during periods of low load,
resets its counters to return to a consistent state.

Reference is now made to FIG. 5, which illustrates the
structure of an example packet header 500 that can be used to
implement the deadline-aware network protocol described
above. The packet header 500 comprises three groups of
fields. A group of current fields 502 comprises data relating to
current requested resources and allocations, a group of pre-
vious fields 504 comprises data relating to previous requests
and allocations, and a group of feedback fields 506 comprises
data relating to allocations for reverse traffic from the desti-
nation to the source.

The current fields 502 comprise the rate request 508, which
is the rate requested for the forthcoming time interval, i.e.r,, ;,
which can be calculated as described above with reference to
FIG. 3. An index 510 field acts as an index into the allocation
vector 512. The index 510 is incremented in the packet header
at each router, so that the router knows where in the allocation
vector 512 to write information. The allocation vector 512,
[a,,;], comprises a list of values, each value calculated by a
router and inserted in the appropriate position in the vector as
the packet header traverses the path between source and des-
tination. The allocation vector 512 in the current fields 502 are
the allocations for the forthcoming time interval, which are
ultimately fed back to the source end host after the destination
is reached.

The previous fields 504 comprise an optional scale factor
514, which can be used to scale values in the packet header,
for example it higher rate values are used. The previous fields
504 also comprise the previous requested rate, i.e. r,, and the
previous allocation vector 518, i.e. [a]. This enables the
router to maintain their counters, as described above. The
feedback fields 506 comprise a feedback allocation vector
520, which the packet header uses to carry rate feedback to the
destination network element. This is therefore a vector of
rates allocated by the routers for reverse traffic from the
destination to the source end host.

Note that, in other examples, the fields of the packet header
can be in different sequences, or of different sizes to that
shown in FIG. 5.

Reference is now made to FIG. 6, which illustrates the
overall operation of the deadline-aware protocol, in the
example of a transfer of a data flow with a deadline from
source end host A 102 to destination end host F 112 as shown
in FIG. 1. Firstly, the source end host A 102 initiates the flow
by sending a SYN packet 600 with a rate request 508 (denoted
RRQ in FIG. 6) in the packet header 500, calculated as
described above. This starts the first RTT interval t. The
routers along the path between source end host A 102 and
destination end host F 112 each allocate rates as described
with reference to FIG. 4, and add these to the current alloca-
tion vector 512 in the packet header 500.

When the SYN packet 600 reaches the destination end host
F 112, it responds with a SYN/ACK packet 602, which has a
packet header comprising a rate request for the destination
end host F 112 and a feedback allocation vector 520 having
the current allocation vector from the SYN packet 600 as
completed by each of the routers. When the source end host A
102 receives the SYN/ACK packet 602, it reads the feedback
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allocation vector 520 and determines its sending rate (e.g.
from the minimum of the values in the feedback allocation
vector 520).

The source end host A 102 then starts transmitting the data
flow at this sending rate with data packet 604. Transmission of
data packet 604 starts RTT interval t+1. Data packet 604
comprises a packet header with a rate request for the forth-
coming time interval, which is updated based on the current
allocated rate, as outlined above. During RTT interval t+1,
further data packets (such as data packet 606) are sent. These
do not comprise further rate requests, as they are still within
this RTT interval until an ACK packet 608 is received from
the destination end host F 112. The ACK packet 608 com-
prises a further rate request for destination end host F 112 and
a feedback vector comprising the allocations for interval t+2.

This is repeated until the data flow transmission is com-
pleted at RTT interval t+n, at which point the source end host
A 102 transmits a FIN packet 610, which the routers use to
trigger the return of the current allocation for the data flow in
their counters. A FIN packet 612 from the destination to the
source returns the allocations for the reverse direction.

The above-described deadline-aware protocol therefore
enables improved application throughput by exposing the
deadlines associated with data flows to the transport-layer
protocol. This allows the allocation scheme to take the dead-
lines into account when allocating network resources to data
flows, such that data flows are provided with sufficient
resources to enable them to complete in advance of the dead-
line, rather than just sharing the resources equally between all
data flows.

FIG. 7 illustrates various components of an exemplary
network element 700 which may be implemented as any form
of a computing and/or electronic device, and in which
embodiments of the deadline-aware control protocol may be
implemented. In the example of FIG. 7, the network element
700 is the end host utilizing the deadline-aware control pro-
tocol described above.

Network element 700 comprises one or more processors
702 which may be microprocessors, controllers or any other
suitable type of processors for processing computing execut-
able instructions to control the operation of the device in order
to implement the deadline-aware control protocol. In some
examples, for example where a system on a chip architecture
is used, the processors 702 may include one or more fixed
function blocks (also referred to as accelerators) which
implement a part of the deadline-aware control protocol in
hardware (rather than software or firmware).

The network element 700 also comprises a communication
interface 704 arranged to send and receive data over the
communication network 100, for example sending/receiving
data from the routers over the communication links. Option-
ally, the network element 700 may also comprise an input/
output interface 706, which can be arranged to output display
information to a display device (which may be separate from
or integral to the network element 700). The input/output
interface 706 may also be arranged to receive and process
input from one or more devices, such as a user input device.

Platform software comprising an operating system 710 or
any other suitable platform software may be provided at a
memory 708 of the network element 700 to enable application
software 712 to be executed on the network element. The
memory 708 can store executable instructions to implement
the functionality of a deadline-aware network resource
request engine 714 arranged to determine network resources
sufficient to enable completion of a data flow transfer before
expiry of a deadline, and a transmission resource selection
engine 716 arranged to select a transmission resource (such as
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a rate) from the feedback provided by the routers. The
memory 708 can also provide a data store 718, which can be
used to provide storage for data used by the processors 702
when operating the deadline-aware control protocol, for
example to store the previous allocations as described above.

FIG. 8 illustrates various components of an exemplary
transport-layer entity 800 which may be implemented as any
form of a computing and/or electronic device, and in which
embodiments of the deadline-aware control protocol may be
implemented. In the example of FIG. 8, the transport-layer
entity 800 is the router implementing the allocation scheme
described above.

Transport-layer entity 800 comprises one or more proces-
sors 802 which may be microprocessors, controllers or any
other suitable type of processors for processing computing
executable instructions to control the operation of the device
in order to implement the deadline-aware control protocol. In
some examples, for example where a system on a chip archi-
tecture is used, the processors 802 may include one or more
fixed function blocks (also referred to as accelerators) which
implement a part of the deadline-aware control protocol in
hardware (rather than software or firmware).

The transport-layer entity 800 also comprises a communi-
cation interface 804 arranged to send and receive data over the
communication network 100, for example sending/receiving
data from end hosts or other routers. Optionally, the transport-
layer entity 800 may also comprise an input/output interface
806, which can be arranged to output display information to a
display device (which may be separate from or integral to the
transport-layer entity 800). The input/output interface 806
may also be arranged to receive and process input from one or
more devices, such as a user input device.

Platform software comprising an operating system 810 or
any other suitable platform software may be provided at a
memory 808 of the transport-layer entity 800 to enable appli-
cation software 812 to be executed on the device. The
memory 808 can store executable instructions to implement
the functionality of a deadline-aware network resource allo-
cation engine 814, a state updating engine 816 arranged to
maintain the router counters, and a capacity estimation engine
818 arranged to determine the router capacity from the utili-
zation and queuing as described above. The memory 808 can
also provide a data store 820, which can be used to provide
storage for data used by the processors 802 when operating
the deadline-aware control protocol, for example to store the
router counters described above.

Computer-executable instructions and data storage can be
provided using any computer-readable media that is acces-
sible by network element 700 in FIG. 7 or transport-layer
entity 800 in FIG. 8. Computer-readable media may include,
for example, computer storage media such as memory 708 or
808 and communications media. Computer storage media,
such as memory 708 or 808, includes volatile and non-vola-
tile, removable and non-removable media implemented in
any method or technology for storage of information such as
computer readable instructions, data structures, program
modules or other data. Computer storage media includes, but
is not limited to, RAM, ROM, EPROM, EEPROM, flash
memory or other memory technology, CD-ROM, digital ver-
satile disks (DVD) or other optical storage, magnetic cas-
settes, magnetic tape, magnetic disk storage or other mag-
netic storage devices, or any other medium that can be used to
store information for access by a computing device. In con-
trast, communication media may embody computer readable
instructions, data structures, program modules, or other data
in a modulated data signal, such as a carrier wave, or other
transport mechanism. Although the computer storage media
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(such as memory 708 or 808) is shown within the network
element 700 and transport-layer entity 800 it will be appreci-
ated that the storage may be distributed or located remotely
and accessed via a network or other communication link (e.g.
using communication interface 704 or 804).

The term ‘computer’ is used herein to refer to any device
with processing capability such that it can execute instruc-
tions. Those skilled in the art will realize that such processing
capabilities are incorporated into many different devices and
therefore the term ‘computer’ includes PCs, servers, mobile
telephones, personal digital assistants and many other
devices.

The methods described herein may be performed by soft-
ware in machine readable form on a tangible storage medium
e.g. in the form of a computer program comprising computer
program code means adapted to perform all the steps of any of
the methods described herein when the program is run on a
computer and where the computer program may be embodied
on a computer readable medium. Examples of tangible (or
non-transitory) storage media include disks, thumb drives,
memory etc and do not include propagated signals. The soft-
ware can be suitable for execution on a parallel processor or
a serial processor such that the method steps may be carried
out in any suitable order, or simultaneously.

This acknowledges that software can be a valuable, sepa-
rately tradable commodity. It is intended to encompass soft-
ware, which runs on or controls “dumb” or standard hard-
ware, to carry out the desired functions. It is also intended to
encompass software which “describes” or defines the con-
figuration of hardware, such as HDL (hardware description
language) software, as is used for designing silicon chips, or
for configuring universal programmable chips, to carry out
desired functions.

Those skilled in the art will realize that storage devices
utilized to store program instructions can be distributed
across a network. For example, a remote computer may store
an example of the process described as software. A local or
terminal computer may access the remote computer and
download a part or all of the software to run the program.
Alternatively, the local computer may download pieces of the
software as needed, or execute some software instructions at
the local terminal and some at the remote computer (or com-
puter network). Those skilled in the art will also realize that
by utilizing conventional techniques known to those skilled in
the art that all, or a portion of the software instructions may be
carried out by a dedicated circuit, such as a DSP, program-
mable logic array, or the like.

Any range or device value given herein may be extended or
altered without losing the effect sought, as will be apparent to
the skilled person.

It will be understood that the benefits and advantages
described above may relate to one embodiment or may relate
to several embodiments. The embodiments are not limited to
those that solve any or all of the stated problems or those that
have any or all of the stated benefits and advantages. It will
further be understood that reference to ‘an’ item refers to one
or more of those items.

The steps of the methods described herein may be carried
out in any suitable order, or simultaneously where appropri-
ate. Additionally, individual blocks may be deleted from any
of'the methods without departing from the spirit and scope of
the subject matter described herein. Aspects of any of the
examples described above may be combined with aspects of
any of the other examples described to form further examples
without losing the effect sought.

The term ‘comprising’ is used herein to mean including the
method blocks or elements identified, but that such blocks or
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elements do not comprise an exclusive list and a method or
apparatus may contain additional blocks or elements.

It will be understood that the above description of a pre-
ferred embodiment is given by way of example only and that
various modifications may be made by those skilled in the art.
The above specification, examples and data provide a com-
plete description of the structure and use of exemplary
embodiments of the invention. Although various embodi-
ments of the invention have been described above with a
certain degree of particularity, or with reference to one or
more individual embodiments, those skilled in the art could
make numerous alterations to the disclosed embodiments
without departing from the spirit or scope of this invention.

The invention claimed is:
1. A computer-implemented method of controlling data
transfer at a transport-layer entity of a packet-based commu-
nication network, the method comprising:
receiving a request for network resources for a data flow
from a network element, the data flow comprising a
plurality of data packets associated with an application,
and the request comprising a factor relating to a time
deadline associated with the application, the request fur-
ther comprising an allocated rate data structure, the allo-
cated rate data structure including one or more data rate
allocations associated with one or more of a plurality of
network elements associated with the dataflow; and

dynamically allocating network resources to the data flow
based on the factor responsive to receiving the request by
removing network resources from at least one other data
flow such that every data flow is allocated at least a base
data rate.

2. A method according to claim 1, wherein the network
resources comprise a data rate for transmission of the data
flow over the communication network.

3. A method according to claim 2, wherein the factor com-
prises a requested instantaneous data rate for transmission of
the data flow over the communication network.

4. A method according to claim 3, wherein the requested
instantaneous data rate is determined from the time deadline
and a value for the remaining un-transmitted size of the data
flow, such that the requested instantaneous data rate enables
all the packets of the data flow to be transmitted within the
time deadline.

5. A method according to claim 3, wherein the step of
allocating network resources comprises determining whether
sufficient network bandwidth is currently available to satisty
the requested instantaneous data rate.

6. A method according to claim 5, wherein, if sufficient
network bandwidth is available, the step of allocating com-
prises:

allocating the requested instantaneous data rate to the data

flow;

determining a value for excess network bandwidth avail-

able after allocating the requested instantaneous data
rate to the data flow; and

distributing the excess network bandwidth between all data

flows at the transport-layer entity.

7. A method according to claim 5, wherein, if sufficient
network bandwidth is not available, the step of allocating
comprises allocating a data rate corresponding to the network
bandwidth currently available to the data flow.

8. A method according to claim 7, wherein if the network
bandwidth currently available is less than a predefined base
rate, allocating a data rate corresponding to the base rate to the
data flow.
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9. A method according to claim 5, further comprising the
step of periodically updating a value for the network band-
width available based on queue sizes at the transport-layer
entity.

10. A method according to claim 9, further comprising the
step of inserting the data rate allocated into the allocated rate
data structure and forwarding the packet header to a further
network element over the communication network.

11. A method according to claim 3, wherein the request for
network resources is received in a packet header comprising
the requested instantaneous data rate and the allocated rate
data structure.

12. A method according to claim 11, further comprising the
steps of:

storing, at a data store, a counter of the number of data
flows at the transport-layer entity, a sum of the total data
rates requested by all data flows at the transport-layer
entity, and a sum of the total data rates allocated to all
data flows at the transport-layer entity; and

updating the counter, the sum of the total data rates
requested, and the sum of the total data rates allocated
responsive to receiving the request.

13. A method according to claim 12, wherein the packet
header further comprises a value for the data rate previously
requested for the data flow, and a value for the data rate
previously allocated to the data flow, and the step of updating
comprises:

subtracting the value for the data rate previously allocated
from the sum of the total data rates allocated; and

subtracting the value for the data rate previously requested
from the sum of the total data rates requested; and

adding the requested data rate to the sum of the total data
rates requested.

14. A method according to claim 1, further comprising the
step of sending an acknowledgement packet comprising the
network resources allocated to the data flow to the network
element.

15. A method according to claim 14, further comprising the
step of receiving a further request for network resources for
the data flow from the network element during transmission
of the data packets and sent responsive to receipt of the
acknowledgement packet at the network element, the further
request comprising an updated factor relating to the time
deadline associated with the application.

16. A method according to claim 1, wherein an end host
selects a data rate allocation from the allocated rate data
structure.

17. A network element, comprising:

a communication interface arranged to send and receive

data over a packet-based communication network;

a processor arranged to: generate a request for network
resources for transmission of a data flow, wherein the
data flow comprises a plurality of data packets associ-
ated with an application, and wherein the request com-
prises a factor relating to a time deadline associated with
the application, the request further comprising an allo-
cated rate data structure; transmit the request via the
communication interface; receive a response to the
request via the communication interface comprising a
plurality of network resource allocations; and subse-
quently transmit the data flow using a selected one of the
network resource allocations; and

the network element being a user terminal.

18. A network element according to claim 17, wherein the
processor is arranged to select the minimum of the network
resource allocations as the selected one of the network
resource allocations.
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19. A network element according to claim 17, wherein the
network resources comprise a data rate for transmission of the
data flow over the communication network, the factor com-
prises a requested instantaneous data rate for transmission of
the data flow over the communication network, and the pro-
cessor is arranged to determine the requested instantaneous
data rate from the time deadline and a value for the remaining
un-transmitted size of the data flow, such that the requested
data rate enables all the packets of the data flow to be trans-
mitted within the time deadline.

20. A method of controlling data transfer between an end
host and a router connected by a packet-based communica-
tion link in a data center processing web-search queries, the
method comprising:

transmitting, from the end host via the communication

link, a request for instantaneous communication link
bandwidth for a data flow, wherein the data flow com-
prises a plurality of data packets associated with a web-
search query and is associated with a time deadline for
completing transmission of the data packets, and the
bandwidth requested is determined from the time dead-
line and a value for the remaining data flow size, such
that the bandwidth requested enables all the packets of
the data flow to be transmitted within the time deadline,
the request including an allocated rate data structure, the
allocated rate data structure being able to store a set of
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data rate allocations associated with one or more of a
plurality of network elements associated with the data-
flow, a value for the data rate previously requested for the
data flow, and a value for the data rate previously allo-
cated to the data flow;
receiving an acknowledgement packet comprising a data
rate allocated to the end host over the communication
link;
storing, at a data store, a counter of the number of data
flows at the communication link, a sum of the total data
rates requested by all data flows at the communication
link, and a sum of'the total data rates allocated to all data
flows at the communication link;
updating the counter, the sum of the total data rates
requested, and the sum of the total data rates allocated
responsive to receiving the request, the step of updating
comprising:
subtracting the value for the data rate previously allo-
cated from the sum of the total data rates allocated;
subtracting the value for the data rate previously
requested from the sum of the total data rates
requested; and
adding the requested data rate to the sum of the total data
rates requested.



